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(57) ABSTRACT 

A method and a device for detecti ng if an object is in 
p roximity to the device, wherein sound (audio) transducers 
alTeaSTfoundln the device are used to rea lize the proximity 
,detecjion fu nction, along with digital signal processing or 
"equivalent means. The audio transducers are preferably 
those designed for use with human hearing and speaking 
capabilities in the ran ge of about 20 Hz to^bout 201kHz. and 
need not be specially designed transducers. The method 
includes steps of generating a measurement sign a l: dr^vin^i 
. an output acoustic transducer of the_device with the mea-\ 
surement signal; monitoring an input acoustic transducer of 
the device to d etect the measurement signal; a nd det ermin- ^ 
ing that an ob ject is in proximity to the device based on^ 1 
detecjedj^ecati^ device 
may comprise a mobile telephon e, such as a cellular \ ^ 
telephon e, or a p ersonal communica tor. When the device / 
includes a mobile telephone, the step of determining can be 
used to verify that a handsfree mode of operation can be 
entered, and/or to set a volume of a signal driving a speaker, 
and/or to select, modify, or tune an audio processing tech- 
nique. The step of determining can also be used to auto- 
matically enter a handset mode of operation from a hands- 
free mode of operation. The steps of monitoring, and 
determining include steps of operating plural adaptive filters 
in parallel on the same input data, wit h different step sizes, 
for generating first and second impulse response estimates A 
respectively, and comparing a difference between the first \ 
and second impulse response estimates to a threshold. I 
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ACOUSTICAL PROXIMITY DETECTION telephone, such as a cellular telephone or a personal 

FOR MOBILE TERMINALS AND OTHER communicator, that uses the already existing microphone 

DEVICES and speaker components, in conjunction with a suitably 

programmed data processor. 

5 

FIELD OF THE INVENTION SUMMARY OF THE INVENTION 

This invention relates generally to devices, such as mobile J The foregoing and other problems are overcome and the 

terminals, radiotelephones and cellular telephones and, in J objects of the invention are realized by methods and appa- 

particular, to techniques for sensing the proximity of a user! 1Q ratus in accordance with embodiments of this invention, 

to the device. " ~ J The teachings of this invention provide a method and a 

^ system which can be used to detect objects and, mor e 

BACKGROUND OF THE INVENTION generally, envir onmental changes near a devic e, such as a 

There are many kinds of proximity sensors which are mobile telephoneTwithin which the method and system are 

used, for example, as limit switches in various kinds of is embodied. Depending on the purpose of the device the 

equipment, or to detect motion of objects relative to each detec,lon ^nnation can be jsg d to determine whether 

other, as well as for other types of control purposes. there^obje^jieaijhejey^, or it the device Has a 

Typically, these sensors are based on photoelectric, ultra- f't^o^^Js^^wnmrnoi, and/or if the 

sonic or capacitive principles. ' device is approaching or leaymg_a_cg rlain or ientati on. The 

„ , - . - ..,.., n proximity detection method and system are based on an 

(Jne example or the use or the proximity detection is ac0US [j c principle 

related to telephones, in particular (but not exclusively) . ' , , 

radiotelephones, such as cellular telephones and personal 'mportant feature of the teachings herein is that one 

communicator A feature known as Integrated HandsFree uUllze s ° und ( audlo > •j"?*"* 18 alread y found " ,he 

(IHF) makes it possible to use the phone without holding it 6e ?™}°. r f abze ! he P^xunity detection function, along 

on the ear or in the hand. In the handsfree mode the sound » w^h digital signal processing or equivalent means. The i 

pressures produced by the earpiece capsule (which may be audl ° " ansduc f « employed by the invention are preferably 

thought of as a miniature audio speaker) should be much those designed for use with human hearing and speaking ( 

louder to make far-end speech audible to longer distances. capabilities in the range of about 20 Hz to about 20 kHz, and 

On the other hand, when the phone is used on the ear, the ° eed not be specially designed transducers, such as trans- 1 

sound pressures should be in a normal range. The problem 30 duce[s des, 8 ned ^.ultrasonic applications above^OkHz. 

then is how to detect and switch between these two modes. Th at is, the invention can utilize the sojmdjransducers '\ 

Proximity detection solves this problem by detecting tbat are alread y 1,16 dev^foj^EgechJ^m^on, J 

when the phone is leaving or approaching the ear. According MffllUBgch and input speech) or for some other purposej 



when the phone is leaving or approaching the ear. According — ^ - 

to this detection information the correct level or processing I™ 15 ' there ls r no Beed for additional sensor elements, 

for the earpiece capsule can be selected. Thus, the proximity 35 Furthermore, if the device can provide digital processing 

detection can make the IHF feature fully automatic. means ' such _ •» ^ and L D/A converte 1 IS and » JUSS 1 

„ . . , . . processor, the device can be constructed to incl ude t he} 

Proximity sensors can be classified into several major ^ detectioQ fmeSaa wahom re irin ~ addi / 

ttfes related to the specific properties used to initiate a tion lThaKr compon-en^nly a suitable operating 

controlling action. These include the following: field-based, n ffl is ^ tQ to lement the oximit detectio 3 

photoelectric and ultrasonic sensors. Furthermore, there are jn accordance with these teachin ' 

two types of sensors that use field-based detection methods: Ai t t , 

inductive and capacitive sensors. Mso > and assumin g that ^ sound transducers thatjire 

^ „ , , . . . , . , . , , already used in the device are employed, then there is no 

oenerauy the photoelectric principle is the most widely need , 0 r6(J . ^ device 

's enclosure, and no extra space 

used, while the capacitive is the second most widely used for 45 ^ reQU ij. ec j 

proximity detection purposes. Ultrasounds are used mainly _ ' . . , . „ , . , , 

for accurate range detection, and not for simple proximity ? e P^ximity sensing can be done in parallel with the 

detection ordinary use of transducers. In this case the transducers are 

in use already, and the additional power required to imple- 

In a typical case where there is a need for proximity mem the oximit sensin is minimal 

detection, some type of proximity sensor is required to be 50 _ . ./ , „ 

installed in the device. However, this involves adding cost, Furthermore, if the sensor somehow fails, the resulting 

weight, complexity and, typically, an additional power drain XDSm & resu1 ' 15 that there 15 an ° b ^ c ' incl ?f 5 P™™* F ° r 

to the device example, if the sensing is used with the IHF function, the 

. ... , , , ■ r. . , . , phone remains in the handset mode and there is no possi- 

As can be appreciated, it would be beneficial to provide m { ^ { ^ sQmd fe§ wiU be rated Qear ^ 

a method and a system for adding a proximity sensing user > s ear. If the earpiece sensor element fails, then there is 

functionality to a device, wherein no additional equipment cfcarly QQ possibmty t0 generate excessiv6 ^ pressure 

or components are required. near ^ ^ Furtherj the sensing algorithm can detect 

OBJECTS AND ADVANTAGES OF THE * onc of the have failed 

INVENTION 60 ^ e metn °d is based on a measurement signal that drives 

the acoustical transducer in the application device. The other 
It is a first object and advantage of this invention to transducer in the application device monitors the measure- 
provide a proximity sensing functionality that may be added ment signal. Any objects near the device alter the measure- 
to a device without also adding additional equipment or ment signal in a certain way, and these alterations indicate 
components to the device. 65 if there are objects near or on the device. 

It is another object and advantage of this invention to Disclosed herein is a method and a device for detecting if ] 

provide a proximity sensing functionality for a mobile an object is in proximity to the device. The methodjncludes J 
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step s of gene ratin g a measurement signal; driving an out pu t 
acouitic transducer of the device with the measure ment 
signal; monitoring a n inpiua coustic transducer of the device 
to detect the measuTement signal; and determining that an 
object is in proximity to the device base d on a detected ! 5 
_alteratio_n of the m easu rement signal . The device may com-j 
prise a mobile telephone, such as a cellular telephone, or a 
personal communicator. 

When the device comprise s a mobile telepho ne, the step 
of determiringcante use ^ that a handsfree mod e 10 

of operation can be entered, and/o r to_set a L volume of a 
signal^driving a speaker, and/ or to select, modify, or tune an 
audio processing technique. The step of^etejiniaing^caji 
also be ^used to^a utomatically enter a handset mode of 
operation from a handsfree mode of o pe ration , 15 

In a presently preferred embodiment of this invention the 
steps of monitoring and determining include steps of oper- 
ating plural adaptive filters in parallel on the same input 
signal, with different step sizes, for generating first and 
second i mpulse response estima tes, resp ectively , and com- 20 
p ^|n^ a difference b etween trie first and second impulse 
response estimates to a threshold. 

In the device a monitoring unit and a determining unit 
include a decimator for decimating a measurement signal 
received from a microphone; an anti-comb filter for enhanc- 
ing the signal to noise ratio (SNR) of the received measure- 
ment signal; first and second ^a daptive filters operated in 
parallel on the filtered measurement signal, with different 
step sizes, for generating first and second impulse response 
estimates, respectively; and a comparator for comparing a 
differgnse-between the first and the second impulse response 
estimates to a threshold. 



BRIEF DESCRIPTION OF THE DRAWINGS 

The above set forth and other features of the invention are 
made more apparent in the ensuing Detailed Description of 
the Invention when read in conjunction with the attached 
Drawings, wherein: 

FIG. 1 is a simplified block diagram of a device that 
incorporates the proximity detection system in accordance 
with the teachings of this invention; 

FIG. 2 shows a phone in proximity to a user's head; 

FIG. 3 is a simplified block diagram of the phone of FIG. 
2, constructed to include the proximity detection system and 
method of this invention; 

FIG. 4 is a block diagram of a presently preferred embodi- 
ment of the proximity sensing signal processing unit using 
two adaptive filters and a comparison function; and 
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FIG. 5A depicts in greater detail the(janti-comb filterol) 
FIG. 4, while FIG. 5B shows the anti-comr^Iterlrequency 
response. 

DETAILED DESCRIPTION OF THE 
f INVENTION 

FIG. 1 illustrates the acoustic-base d proximity detection ^ 
system at a general level. A me asurement si gnafCAlis fed 
through a sound emitting transducer 1. A sound receiving 
transducer 2 is used to measure or monitor the response of 
the meas urement signal (B ). If there are any objects near the 
application device, the measurement signal (A) is reflected 
from the object back to the application device and to the 
receiving transducer 2. If there are no objects in close 
proximity, there are no reflections. The lack of or existence 
of t he reflections is detected from the response signal (B) 
measured by the receiving transducer 2. A signal processing 
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unit 3 gen erates j he measurement signal (A) and the^ 
response signal (B) is fecfto it. Finally, utilizing both of the 
signals (A, B) the sign al processing unit 3 calculate s the 
proximity detection result. 

FIG. 2 illustrates an example of the detection m ethod in 
a mobile phon e (MP). In this case the micropnone and the 
earpiece capsule of the phone are used as the sound emitting 
transducer 1 and the sound receiving transducer 2, respec 
tively. 

There are a number of ways to extract the proximity 
information from the response signal (B) by the digital 
signal processing unit 3. The presently preferred embodi- 
ment is based on adaptive filtering. The adaptive filter 
models the impulse response between the emitting trans- 
ducer 1 and the receiving transducer 2 utilizing both the 
measurement signal (A) and its response signal (B). A new 
impulse response estimate is calculated for each new sample 
obtained from the receiving transducer 2. Thus, the update 
rate of the detection depends on the sampling frequency. 
From the impulse respo nse estimate the reflections can b e 
detected. To further im prove the proximity detection, pattern 
recognition alg^thms canbe used to classify these impulse 



response estimates into two categories, tor' examp le, 1 "an 
object present and an object not present. This information is^ 
fiien used^for-control^pjnposes (e.g., to control the level of \ 
S upcrtgarfs _§gQ^^ by the earpiece transducer)? 



FIG. 3 illustrates a simplified example of a system which 
utilizes the above described acoustic proximity detection 
method in the mobile phon er lte system operates as fol- 
lows: — — 

1. A measurement signal is generated using an 8 kHz (by 
example) sampling frequency. 

2. The measurement signal is interpolated to a higher 
35 sampling frequency (e.g., 40 kHz) and high-pass filtered 

(cut-off 16 kHz). A downlink speech signal received from a 
base station transmitter is summed to the measurement 
signal. 

3. The measurement signal fealtered _ by the environment. 
40 such as the presence of t he users h ea d 

4. From the microphon e s i gnal the response of the mea- 
surement signal is extracted by high-pass filtering. The 
signal is then decimated to an 8 kHz sampling frequency. 
The normal uplink speech is extra cted from the microp hone 
signal by low-pass filtering (assuming that the normal 
speech frequencies lie below the decimated measurement 
signal). 

5. An adaptive fUter^function^siimales^lhe impulse 
response of the acoustical signal path. In the presently 
preferred embodiment of this invention the adaptive filter 
function is comprised of two adaptive filtersjo perating in 
parallel on the same input, onlTrJeingirfast acting monitor-l 
ing filter and the other being a slower acting modelling filter. 

6. The impulse respo nse estimate could be clas sified byj 
comparing it to a pre-recorded handsfree impulse response^ 
In the presently preferred embodiment the difference! 
between the outputs of the two adaptive filters is compared! 
to a predetermined threshold value. I 

7. Finally, the classification result is used t o deter mine I 
which of the modes should be ch osen, i.e., handset „orJ 
handsfree. 

FIG. 4 is a block diagram of a presently preferred embodi- 
ment of the proximity sensing signal processing unit 3. The 
65 illustrated circuitry is assumed for this*lnjscussion to be 
embodied in a mobile pho ne, although other types of devices 
can benefit from these teachings as well. The sound emitting 
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transducer 1 of FIG. 1 is preferably embodied as the already 
present earpiece capsule or speaker 10, while the sound 
receiving transSuceV 2 ofFlGri ispreferably embodied as 
the already present microphone 12. While the use of these 
already present components is preferred, in some applica- 
tions it may be desirable to pr ovide a speaker and/or a 
microphone that is dedicated to the proximity detectio n 
function. ^ 

Dri ving the speaker 10 is a mea surement signal generator 
14 for the 40 kHz sampling trequency. An analog signal 
generator can be used, although it is preferred to employ 
digital techniques wherein (8 kHz case) an odd-perfect bit 
sequence of length 8 (0, 1, 1, -1, 1, 1, 1, -1) forms a first part 
of the period, and a second part of the period is formed by 
changing the sign (0, -1, -1, 1, -1, -1, -1, 1). The period 
is then repeated. Because of the periodicity of this signal, the 
interpolation to 40 kHz can be done off-line, and only one 
sequence of the interpolated signal is needed to generate the 
40 kHz signal. Thus, the measurement signal output from 
block 14 is generated by fetching the sequence of length 40 
from memory, and only the sign needs be changed from 
sequence to sequence. " 

The outputof the microphone 12 is coupled to a decimator 
16 which lowersTBe sampling frequency from 40 kHz to 8 
kHz. After decimation, all signal processing is performed at 
the 8 kHz sampling frequency. Next, an anti-comb filter 18 
is used to filter the decimated microphone signal. Anti-comb 
filtering is preferred as it enhances the signal to noise ratio 
(SNR). The enhancement effect is achieved since the power 
spectrum of the measurement signal is composed of regu- 
larly spaced peaks. During filtering, only the peaks remain 
intact, and all other frequencies are attenuated. FIG. 5A 
depicts in greater detail a preferred embodiment of the 
anti-comb filter 18, where the L, a and b coefficients define 
the filter response. In a preferred embodiment the filter 
coefficients are L=8, 0.8<a<l and b=l-a in order not to 
exhibit pass-band gain or attenuation. FIG. 5B shows the 
frequency response of the anti-comb filter 18 of FIG. 5A for 
the case where a=0.99. The anti-comb filter 18 is not used 
when the downlink speech signal (applied through switch 
SI) is used as the measurement signal. 

An 8 kHz measurement generator 20 provides a reference 
signal for two adaptive filters 22 and 24. The adaptive filters 
22 and 24 are preferably LMS-type filters, although other 
types might be used in other applications. As was previously 
mentioned, in one (optional) case the downlink speech 
signal is used as the me asurement signal. This mea surement 
is done during the hancisel mode of operation and the 
pr oximit^ is^deter mined from the impulse response power, 
not f rom the shape, as described in more detail below. In this 
mode the meas urement stgnaTgenerators 14 and 20 are not 
required, the downlink speech is delivered from the speaker 
10 in a normal fashion, but an 8 kHz version of the downlink 
speech is provided via SI. — J 

The LMS ada ptive filter 22, also referred to as a moni- 
toringliiter, performs impulse response estimation, wherein 
the adaptive LMS filter coefficients can be considered as the 
impulse response taps. A total of eight taps have been found 
to be sufficient to detect changes that occur in the environ- 
ment close to the phone. Filter 22 performs the actual 
measuring, that is, it functions to monitor rapid changes near 
the phone. Since speed is of importance, relatively large step 
sizes are used. A delay line function feeds an internal LMS 
^ filter delaytine with the reference signal, which can be the 
output of the STcHz measurement signal generator 20, or the 
downlink speech signal, as discussed above. The desired 
response signal, i.e., the signal which the adaptive filter 22 
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attempts to estimate by filtering the reference signal, is the 
processed microphone 12 signal after decimation or anti- 
comb filtering. As was mentioned, the anti-comb filtering 
function 18 is not used when the downlink speech signal is 
used. In any event, new filter coefficients Wl are generated 
at each sampling instant. These coefficients are then com- 
pared in difference block 26 (after scaling in block 22A) to 
the (scaled) coefficients (W2) that represent the handsfree 
situation. 

The second (modelling) LMS adaptive filter 24 functions 
to update the handsfree impulse response model and, as 
such, operates only in the handsfree situation. The handsfree 
impulse response has been found to be relatively stable, 
although it may drift between various handsfree situations, 
as well as during the same handsfree situation. In order to 
follow these slow variations, and not react to sudden, rapid 
changes, the step size is made relatively small (relative to the 
monitoring LMS filter 22). This is preferably accomplished 
by operating the LMS filter 24 with 32-bit accuracy, and the 
LMS filter 22 with 16-bit accuracy. Note that both filters 22 
and 24 use the same input signals, and that only the 
computational accuracy is made different to allow for the 
difference in step size. 

In the handsfree situation both the monitoring LMS 
adaptive filter 22 and the modelling LMS adaptive filter 24 
are active, and their respective coefficients Wl and W2 are 
compared in difference block 26. Since the monitoring LMS 
adaptive filter 22 responds to rapid changes, while the 
modelling LMS adaptive filter does not, there will be a 
difference between their coefficients when some object 
comes near to the phone or, more precisely, to the earpiece. 
When this happens, the phone is switched to the handset 
mode. 

The scaling blocks 22A and 24A are used to scale or 
normalize the impulse response estimates provided by the 
monitoring LMS adaptive filter 22 and the modelling LMS 
adaptive filter 24, respectively. After scaling the sum of the 
impulse response coefficients is one, and the original sum, 
before scaling, is stored into an additional (ninth) coefficient. 
In addition, both of the scaled responses are represented with 
16-bit accuracy. The scaling is performed in order to remove 
the effect of power or gain changes on the impulse response 
path. As such, after scaling only the shape or model of the 
impulse response affects the comparison result performed by 
block 26. The result is that the comparison is more robust 
against background noise and any gain changes. However, if 
the power information should be required for some purpose, 
as described below, it is conveniently available as the ninth 
coefficient of the responses. 

The difference block 26 computes the difference of the 
scaled impulse response estimates. Simply, each of the 
corresponding coeffic ients are subtracted from on e another 
and the absolute values ot the ditterences are summed 
55 together to form a single measure of the similarity of the two 
response estimates. As long as the result is zero or close to 
zero, the phone remains in the handsfree mode. However, as 
soon as the difference deviates from zero by more than some 
threshold amount, the phone is switched to the handset 
mode. ^ 
In general, the phone will be in a default, handset mode. 
Since the handsfree activation is normally commanded by 
the user, such as by pressing a button, the proximity detec- 
tion function is not required to be activated until the hands- 
free made is indicated. However, since information as to 
whether the phone is on the user's ear, or some millimeters 
away, may be useful for other functions in the phone, the 
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proximity detection circuitry can be used as well in the 
handset mode. It is in this case that the downlink speech 
signal can be used instead of the generated frequency 
signals. Since the speech is the measurement signal, band- 
pass filtering is used in the decimation block 16 and the 
anti-comb filtering block 18 is bypassed. The LMS adaptive 
filter 22 is used to estimate the impulse response and the 
relev a nt_p ro x im ity m easu re, the impulse response power, is 
obtained as the above-mentioned ninth coefficient of the of 
the resulting Wl vector. If the power measure is larger than 
some threshold, the phone is assumed to be on the ear, 
otherwise it is assumed that the phone is not on the ear. 

Alternatively, the signal generators are used as in the 
handsfree case, the scaling block 22 A outputs a current 
impulse response estimate Wl, which is compared to a 
stored handsfree model W2 in the difference block 26. If the 
difference is larger than some threshold, the phone is 
assumed to be on the ear, otherwise the phone is assumed to 
not be on the ear. 

Before transitioning from the handset mode to the hands- 
free mode it is preferred to first transition through a hands- 
free verification mode where the phone actually verifies that 
the phone is not on the user's ear. In the handsfree verifi- 
cation mode it is preferred to use, for robustness, the impulse 
response power measurement method that was described 
above. Furthermore, in the high frequency range (16 kHz-20 
kHz) the impulse response power does not behave consis- 
tently according to the handset and handsfree situations. As 
such, it is preferred to use a lower frequency band (0-4 kHz) 
signal in the generator 14 and decimator 16 functions, where 
the distinction between the handset and handsfree situations 
is more clearly seen in the impulse response power. While 
this measurement signal is audible, it does not create a 
disagreeable audible signal, and it is heard by the user as a 
simple tone only if the phone happens to be on the ear when 
the handsfree mode is activated. 

If the result of this lower frequency impulse response 
power measurement indicates that the phone is truly in the 
handsfree mode, then the phone is switched to this state, 
otherwise the phone remains in the handset mode. When in 
the handsfree mode, if the proximity detection technique in 
accordance with this invention indicates that an object has 
approached the phone, more specifically the earpiece, then 
the phone is switched automatically back to the handset 
mode. 

It is noted that switching between the handset and the| 
handsfree modes car^involve more than sjniplyji diusting^tht 
volum e of the audio sipnal out put from th e sp eaker 10. For] 
example, any number of audio enhancem ejpsignarproc ess- 
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ing techniques or algorithms can be selected, or modified, or 
tuned depending on whether the handset or the handsfree 
mode is currently in effect. 

Furthermore, and as was previously mentioned, the teach- 
ings of this invention are not limited for use in only mobile 55 
telephones, such as cellular telephones and personal 
communicators, but may be used in other devices and 
applications as well. 

Thus, while the invention has been particularly shown and 
described with respect to preferred embodiments thereof, it 60 
will be understood by those skilled in the art that changes in 
form and details may be made therein without departing 
from the scope and spirit of the invention. 
What is claimed is: 

1. A method for detecting if an object is in proximity to 1 
a communication device, comprising steps of: 
generating^jpeasm^ment signal; 



drivin g an output acou stic speech transducer of the com A 
munications device with the measurement signal, 
wherein the measurement signal is <20,000 Hz; 

m onitoring an input a coustic speech transducer of the 
communications device to detect the measurement sig- 
nal; and 

determining that an object is in proximity to the commu- 
^mcafions device based on a detected alteration of the 
measurement signal. — 

2. A method as in claim 1, wherein the communications 
device comprises a» mobile telephone. 

3. A method as in claim 1, wherein the communications 
device comprises a flf- regnal communi cator. 

4. A method as in claim 1, wherein the communications 
device comprises a mobile telephone, and wherein the step 
of determining is used to verify that a handsfree mode of 
operation can be entered. 

5. A method as in claim 1, wherein the communications 
device comprises a mobile telephone, and wherein the step 



20 of^determining is used to set a volume of a signal d rivmg a 
s peake r. " " " " 

6. A method as in claim 1, wherein the communications 
device comprises a mobile telephone, and wherein the step 
of determining is used to select, modify, or tune an audio 
processing technique. 

7. A method as in claim 1, wherein the communications 
device comprises a mobile telephone, and wherein the step 
of determining is used to automatically enter a handset mode 
of operation from a handsfree mode of operation. 

8. A method as in claim 1, wherein the steps of monitoring 
and determining comprise steps of operating plural adaptive 
filters in parallel on the same input data, with different step 
sizes, for generating first and second impulse response 
estimates, respectively, and comparing a difference between 
the first and second impulse response estimates to a thresh- 
old. 

9. A communications device comprising an output acous- 
tic speech transducer and an input acoustic speech 
transducer, said communications device further comprising 
a unit for detecting if an object is in proximity to the 
communications device, comprising: 

a ^ measurement si pn^l gener ator for driving said output^ 
acoustic speech transducer of said communications 
device, wherein the measurement signal is <20,000 Hz; 
mea ns f or monitoring said input acoustic speech trans- 
ducer of said communications device to detect the J 
measurement signal; and 
me ans for determining that an object is in proximity to 
said communications device based on a detected alter- 
ation of the measurement signal. 

10. A communications device as in claim 9, wherein the 
communications device comprises a mobile telephone. 

11. A communications device as in claim 9, wherein the 
communications device comprises a personal communica- 
tor. 

12. A communications device as in claim 9, wherein the 
communications device comprises a mobile telephone, and 
wherein said means for determining is used to verify that a 
handsfree mode of operation can be entered. 

13. A communications device as in claim 9, wherein the^ 
communications device comprises a mobile telephone, and 
wherein saiolmean s,for determining is used to set a volume , 
of a signal dri ving a^pe aker. ~~ — ' 

14rXc^m^unicatTons^evTce as in claim 9, wherein the 
65 communications device comprises a mobile telephone, and 
wherein said means for determining is used to select, 
modify, or tune an audio processing technique. 
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15. A communications device as in claim 9, wherein the 
communications device comprises a mobile telephone, and 
wherein said means for determining is used to automatically 
enter a handset mode of operation from a handsfree mode of 
operation. 

16. A communications device as in claim 9, wherein said 
means for monitoring and said means for determ ining com- 
prise: 

a decimator for decimating a measurement signal received 

from a microphone; 
an anti-comb filter for enhancing the signal to noise ratio 

(SNR) of the received measurement signal; 
first and second adaptive filters operated in parallel on the 

filtered measurement signal, whit different step sizes, 

for generating first and second impulse response 

estimates, respectively; and 
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a comparator f or comparing a difference between thej jrst 
and second impulse response estimates to a threshold. 
17. A method for detecting if an object is in proximity to 
a communications device, comprising steps of: 
5 generating a measurement signal; 

over driving an output acoustic speech transducer of the 
communications device with the measurement signal, 
wherein the measurement signal is above 16,000 Hz; 
monitoring an input acoustic speech transducer of the 
J communications device to detect the measurement sig- 
nal; and 

determining that an object is in proximity to the commu- 
nications device based on a detected alteration of the 
15 measurement signal. 

***** 
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